Abstract-The video performance benefits of burst-by-burst adaptive modulation are studied, employing a higher-order modulation scheme when the channel is favorable, in order to increase the system's bits per symbol capacity and conversely, invoking a more robust lower order modulation scheme when the channel exhibits inferior channel quality. It is shown that due to the proposed adaptive modem mode switching regime, a seamless video-quality versus channel quality relationship can be established, resulting in error-free video quality right across the operating channel signal-to-noise ratio (SNR) range. The main advantage of the proposed burst-by-burst adaptive transceiver technique is that irrespective of the prevailing channel conditions, the transceiver achieves always the best possible source-signal representation quality-such as video, speech, or audio quality-by automatically adjusting the achievable bitrate and the associated multimedia source-signal representation quality in order to match the channel quality experienced. This is achieved on a near-instantaneous basis under given propagation conditions in order to cater for the effects of path loss, fast-fading, slow-fading, dispersion, co-channel interference, etc. Furthermore, when the mobile is roaming in a hostile out-doors-or even hilly terrain-propagation environment, typically low-order low-rate modem modes are invoked, while in benign indoor environments, predominantly the high-rate high source-signal representation quality modes are employed. Publisher Item Identifier S 1051-8215(00)10626-3.
1 In contrast to the burst-by-burst reconfigurable wideband video transceivers proposed in this contribution, the term statically reconfigurable in this context refers to video transceivers that cannot be near-instantaneously reconfigured. More explicitly, the previously proposed statically reconfigurable video transceivers were reconfigured on a longer term basis under the base station's control, invoking for example in the central cell region-where benign channel conditions prevail-a less robust, but high-throughput modulation mode, such as 4 bits/symbol quadrature amplitude modulation [1] , [2] (16QAM), which was capable of transmitting a quadruple number of bits, and hence ensured a better video quality. By contrast, a robust, but low-throughput modulation mode, such as 1 bit/symbol binary phase shift keying (BPSK), can be employed near the edge of the propagation cell, where hostile propagation conditions prevail. This prevented a premature hand-over at the cost of a reduced video quality.
[2]- [6] was that irrespective of the video-motion activity experienced, the specially designed video codecs generated a constant number of bits per video frame. For example, for videophone over the second-generation Global System of Mobile Communications, known as the GSM system [7] , at 13 kbits/s and assuming a video scanning rate of 10 frames/s, 1300 bits per video frame have to be generated. 2 Specifically, two families of video codecs were designed, one refraining from using error-sensitive run-length coding techniques and exhibiting the highest possible error resilience, and another aiming for the highest possible compression ratio. This fixed-rate approach had the advantage of requiring no adaptive feedback controlled bitrate fluctuation smoothing buffering, and hence exhibited no objectionable video latency or delay. Furthermore, these video codecs were amenable to video telephone over fixed-rate second-generation mobile radio systems, such as the GSM [7] .
The fixed bitrate of the above proprietary video codecs is in contrast to existing standard video codecs, such as the Motion Pictures Expert Group codecs known as MPEG1 [8] and MPEG2 [9] , or the ITU's H.263 codec [10] , where the time-variant video-motion activity and the variable-length coding techniques employed result in a time-variant bitrate fluctuation and a near-constant perceptual video quality. This time-variant bitrate fluctuation can be mitigated by employing adaptive feedback-controlled buffering, which potentially increases the latency or delay of the codec, and hence it is often objectionable in interactive videophone. The schemes presented by Streit et al. in [3] [4] [5] [6] result in slightly variable video quality at a constant bitrate, while refraining from employing buffering, which again would result in latency in interactive videophone. A range of techniques, which can be invoked in order to render the family of variable-length coded highly bandwidth-efficient, but potentially error-sensitive, class of standard video codecs, such as the H.263 arrangement, amenable to error-resilient low-latency interactive wireless multimode videophone was summarized in [11] Of particular importance for this contribution will be the adaptive video-rate control and packetization algorithm of [11] , which generates the required number of bits for the burst-by-burst adaptive transceiver, depending the on the capacity of the current packet, as determined by the current modem mode. Furthermore, error-resilient H.263-based schemes were contrived for example by Färber et al. at Erlangen University [12] , while Sadka et al. [13] from Surrey University proposed a range of 2 A range of video sequences encoded at various bitrates between 6.7 and 13 kbits/s can be viewed at http://www-mobile.ecs.soton.ac.uk, where the papers referenced can also be downloaded.
improvements to the H.263 scheme. Following the above portrayal of the prior art in both video compression and statically reconfigurable narrowband modulation, let us now consider the philosophy of burst-by-burst adaptive wideband modulation in more depth.
In burst-by-burst adaptive modulation, a higher order modulation scheme is invoked when the channel is favorable, in order to increase the system's bits per symbol capacity and conversely, a more robust lower order modulation scheme is employed when the channel exhibits inferior channel quality, in order to improve the mean bit error ratio (BER) performance. A practical scenario, where adaptive modulation can be applied, occurs when a reliable low-delay feedback path is created between the transmitter and receiver, for example by superimposing the estimated channel quality perceived by the receiver on the reverse-direction messages of a duplex interactive channel. The transmitter then adjusts its modem mode according to this perceived channel quality.
The main advantage of the proposed burst-by-burst adaptive transceiver technique is that irrespective of the prevailing channel conditions, the transceiver achieves always the best possible source-signal representation quality-such as video, speech or audio quality-by automatically adjusting the achievable bitrate and the associated multimedia source-signal representation quality in order to match the channel quality experienced. This is achieved on a near-instantaneous basis under given propagation conditions in order to cater for the effects of path loss, fast-fading, slow-fading, dispersion, co-channel interference, etc. Furthermore, when the mobile is roaming in a hostile outdoor-or even hilly terrain-propagation environment, typically low-order low-rate modem modes are invoked, while in benign indoor environments, predominantly the high-rate high source-signal representation quality modes are employed.
Recent developments in adaptive modulation over a narrow-band channel environment have been pioneered by Webb and Steele [14] , where the modulation adaptation was utilized in a Digital European Cordless telephone (DECT)-like system. The concept of variable rate adaptive modulation was then further developed by Sampei et al. [15] , showing promising advantages when compared to fixed modulation in terms of spectral efficiency, BER performance, and robustness against channel delay spread. In another paper, the numerical upper bound performance of adaptive modulation in a slow Rayleigh flat-fading channel was evaluated by Torrance et al. [16] and subsequently, the optimization of the switching threshold levels using Powell minimization was proposed in order to achieve a targeted performance [17] . In addition, adaptive modulation was also studied in conjunction with channel coding and power control techniques by Matsuoka et al. [18] , as well by as Goldsmith and Chua [19] , [20] .
In the narrow-band channel environment, the quality of the channel was determined by the short-term SNR of the received burst, which was then used as a criterion in order to choose the appropriate modulation mode for the transmitter, based on a list of switching threshold levels [14] , [15] , [16] , [21] . However, in a wideband environment, this criterion is not an accurate measure for judging the quality of the channel, where the existence of multi-path components produces not only power attenuation of the transmission burst, but also intersymbol interference. Subsequently, a new criterion has to be defined to estimate the wideband channel quality in order to choose the appropriate modulation scheme.
In addition, the wideband channel-induced degradation is combated not only by the employment of adaptive modulation but also by equalization. In following this line of thought, we can formulate a two-step methodology in mitigating the effects of the dispersive wideband channel. In the first step, the equalization process will eliminate most of the intersymbol interference based on a channel impulse response (CIR) estimate derived using the channel sounding midamble and consequently, the signal to noise and residual interference ratio at the output of the equalizer is calculated.
We found that the residual channel-induced inter-symbol-interference (ISI) at the output of the decision feedback equalizer (DFE) is near-Gaussian distributed and that if there are no decision feedback errors, the pseudo-SNR at the output of the DFE, can be calculated as [25] Wanted Signal Power Residual ISI Power Effective NoisePower (1) where and denotes the DFE's feedforward coefficients and the channel impulse response, respectively. The transmitted signal and the noise spectral density is represented by and . Lastly, the number of DFE feedforward coefficients is denoted by . By utilizing the pseudo-SNR at the output of the equalizer, we are ensuring that the system performance is optimized by employing equalization and adaptive quadrature amplitude modulation (AQAM) [1] in a wideband environment according to the following switching regime:
where are the pseudo-SNR thresholds levels, which are set according to the system's integrity requirements.
In summary, in contrast to the narrow-band statically reconfigured multimode systems of [3] [4] [5] [6] in this treatise, we invoked wideband near-instantaneously reconfigured or burst-by-burst adaptive modulation in order to quantify the video performance benefits of such systems. It is an important element of the system that when the BCH codes protecting the video stream are overwhelmed by the plethora of transmission errors, we refrain from decoding the video packet in order to prevent error propagation through the reconstructed frame buffer [11] . Instead, these cor- rupted packets are dropped and the reconstructed frame buffer will not be updated, until the next packet replenishing the specific video frame area arrives. The associated video performance degradation is fairly minor for packet dropping or frame error rates (FERs) below about 5%. These packet dropping events are signaled to the remote decoder by superimposing a strongly protected 1-bit packet acknowledgment flag on the reverse-direction packet, as outlined in [11] . In the proposed scheme we also invoked the adaptive rate control and packetization algorithm of [11] , supporting constant baud-rate operation.
The paper is structured as follows. Section II introduces the video transceiver parameters, while the bulk of the paper is constituted by the video performance analysis of Section III. Section IV characterizes the effects of adaptive modem mode switching thresholds on the system's video performance, while Section V characterizes the turbo-coded system's performance, before concluding in Section VI.
II. VIDEO TRANSCEIVER
In this contribution we used 176 144 pixel QCIF-resolution, 30 frames/s video sequences encoded at bitrates resulting in high perceptual video quality. Table I shows the modulation-and channel parameters employed. The COST207 [26] four-path typical urban (TU) channel model was used and its impulse response is portrayed in Fig. 1 . We used the Pan-European FRAMES proposal [27] as the basis for our wideband transmission system, the frame structure of which is shown in Fig. 2 . Employing the FRAMES Mode A1 (FMA1) so-called nonspread data burst mode required a system bandwidth of 3.9 MHz, when assuming a modulation excess bandwidth of 50%. A range of other system parameters are shown in Table II . The proposed video transceiver is based on the H.263 video codec [10] . The video coded bitstream was protected by binary Bose-Chaudhuri-Hocquenghem (BCH) coding [7] combined with an intelligent burst-by-burst adaptive wideband multi-mode quadrature amplitude modulation (QAM) modem [1] , which can be configured either under network control or under transceiver control to operate as a 1, 2, 4, and 6 bits/symbol scheme, while maintaining a constant signaling rate. This allowed us to support an increased throughput expressed in terms of the average number of bits per symbol, when the instantaneous channel quality was high, leading ultimately to an increased video quality in a constant bandwidth.
The transmitted bitrate for all four modes of operation is shown in Table III . The unprotected bitrate before approximately half-rate BCH coding is also shown in the table. The actual useful bitrate available for video is slightly less, than the unprotected bitrate due to the required strongly protected packet acknowledgment information and packetization information. The effective video bitrate is also shown in the Table III.
III. BURST-BY-BURST ADAPTIVE VIDEOPHONE PERFORMANCE
The proposed burst-by-burst adaptive modem maximizes the system capacity available by using the most appropriate mod- Fig. 3 . Adaptive burst-by-burst modem in operation for an average channel SNR of 20 dB, where the modulation node switching is based upon the SNR estimate at the output of the equalizer using the channel parameters defined in Table I . ulation mode for the current instantaneous channel conditions. We found that the pseudo-SNR at the output of the channel equalizer was an adequate channel quality measure in our burst-by-burst adaptive wide-band modem. Fig. 3 demonstrates how the burst-by-burst adaptive modem changes its modulation modes every transmission burst, i.e., every 4.615 ms, based on ) and that of the adaptive burst-by-burst modem (AQAM). AQAM is shown with a realistic one TDMA frame delay between channel estimation and mode switching, and also with a zero delay version for indicating the upper bound performance. The channel parameters were defined in Table I. the fluctuating pseudo-SNR. The right-hand-side vertical axis indicates the associated number of bits per symbol.
By changing to more robust modulation schemes automatically when the channel quality is reduced allows the packet loss ratio, or synonymously, the FER to be reduced, which results in increased perceived video quality. In order to judge the benefits of burst-by-burst adaptive modulation, we considered two scenarios. In the first scheme, the adaptive modem always chose the perfectly estimated AQAM modulation mode, in order to provide a maximum upper bound performance. In the second scenario, the modulation mode was based upon the perfectly estimated AQAM modulation mode for the previous burst, which corresponded to a delay of one time division multiple access (TDMA) frame duration of 4.615 ms. This second scenario represents a practical burst-by-burst adaptive modem, where the one-frame channel quality estimation latency is due to superimposing the receiver's perceived channel quality on a reverse-direction packet for informing the transmitter concerning the best mode to be used.
The probability of the adaptive modem using each modulation mode for a particular average channel SNR is portrayed in Fig. 4 in terms of the associated modem mode probability density functions (PDFs). It can be seen at high channel SNRs that the modem mainly uses the 64QAM modulation mode, while at low channel SNRs the BPSK mode is the most prevalent one. Fig. 5 shows the transmission FER (or packet loss ratio) versus channel SNR for the 1, 2, 4, and 6 bit/symbol fixed modulation schemes, as well as for the ideal and for the one-frame delayed realistic scenarios using the burst-by-burst adaptive QAM (AQAM) modem. A somewhat surprising fact is [28] -which is not explicitly shown here due to lack of space, that at low SNRs, AQAM can maintain a lower BER than BPSK, since under inferior instantaneous channel conditions it exhibits the corresponding BPSK BER, but the average number of transmitted AQAM bits is higher than that of BPSK, resulting in a reduced average AQAM BER. At high SNRs the AQAM BER curve asymptotically joins the 64QAM BER curve, since 64QAM is the predominant mode used. The associated FER curve obeys similar tendencies in terms of having the BPSK and 64QAM FER curves as asymptotes at low and high SNRs, respectively. However-in contrast to the BER-the AQAM FER cannot be lower than that of BPSK, since the same number of frames is transmitted in both cases. The substantial advantage of AQAM is that due to its higher number of bits/symbol the number bits transmitted per frame is higher, resulting in an increased video quality. 3 The FER curves are portrayed on a logarithmic scale in Fig. 6 where-for the sake of comparison-we also showed the associated FER curve for statically reconfigured modem modes switching at 5% transmission FER, as will be detailed below.
Explicitly, the statically reconfigured modem was invoked in Fig. 6 as a benchmarker, in order to indicate how a system would perform, which cannot act on the basis of the near-instantaneously varying channel quality. As can be inferred from Fig. 6 , such a statically reconfigured transceiver switches its mode of operation from a lower order modem mode, e.g., BPSK, to a higher-order mode, e.g., 4QAM, when the channel quality has improved sufficiently for the 4QAM mode's FER to become lower than 5% upon reconfiguring the transceiver in this 4QAM mode. Again-as seen also in Fig. 5 earlier on a nonlogarithmic scale- Fig. 6 clearly shows on a logarithmic scale that the "one-frame channel estimation delay" AQAM modem manages to maintain a similar FER performance to the fixed-rate BPSK modem at low SNRs, although we will see in Fig. 7 that AQAM provides increasingly higher bitrates, reaching four times higher values than BPSK for high channel SNRs, where the employment of 64QAM is predominant. In this high SNR region the FER curve asymptotically approaches the 64QAM FER curve for both the realistic and the ideal AQAM scheme, although this is not visible in the figure for the ideal scheme, since this occurs at SNRs outside the range of Fig. 6 . Again, the reason for this performance discrepancy is the occasionally misjudged channel quality estimates of the realistic AQAM scheme. Additionally, Fig. 6 indicates that the realistic AQAM modem exhibits a near-constant 3% FER at medium SNRs. The issue of adjusting the switching thresholds in order to achieve the target FER will be addressed in detail in Section IV and the thresholds invoked will be detailed with reference to Table IV. Suffice to say at this stage that the average number of bits per symbol-and potentially also the associated video quality-can be increased upon using more aggressive switching thresholds. However, this results in an increased FER, which tends to decrease the video quality, as it will be discussed in Section IV.
A comparison of the effective video bitrate versus channel SNR is shown in Fig. 7 for the four fixed modulation schemes, and the ideal and realistic AQAM modems. The effective video bitrate is the average bitrate provided by all the successfully transmitted video packets. It should be noted that the realistic AQAM modem has a slightly lower throughput than the ideal, since occasionally the incorrect modulation mode is chosen, 3 We note here that the associated performance results typically degrade upon increasing the Doppler frequency and improve upon reducing it, since the effects of channel estimation latency become less significant. This phenomenon was quantified in [28] . . AQAM is shown with a realistic one TDMA frame delay between channel estimation and mode switching, and a zero delay version is included as an upper bound. The channel parameters were defined in Table I . Fig. 7 . Video bitrate versus channel SNR comparison of the four fixed modulation modes (BPSK, 4QAM, 16QAM, 64QAM) and adaptive burst-by-burst modem (AQAM). AQAM is shown with a realistic one TDMA frame delay between channel estimation and mode switching, and also as a zero delay version for indicating the upper bound. The channel parameters were defined in Table I . which may result in packet loss. At very low channel SNRs, the throughput bitrate converges to that of the fixed BPSK mode, since the AQAM modem is almost always in the BPSK mode at these SNRs, as demonstrated in Fig. 4 .
Having shown the effect of the burst-by-burst adaptive modem on the transmission FER and effective bitrate, let us now demonstrate these effects on the decoded video quality, measured in terms of the peak SNR (PSNR). Fig. 8 shows the decoded video quality in terms of PSNR versus channel SNR for both the ideal and realistic adaptive modem, and for the four modes of the statically configured multi-mode modem. It can be seen that-as expected-the ideal adaptive modem, which always selects the perfect modulation modes, has a better or similar video quality for the whole range of channel SNRs. For the statically configured multi-mode scheme the video quality degrades, when the system switches from a higher order to a lower order modulation mode. The ideal adaptive modem, however, smooths out the sudden loss of video quality, as the channel degrades. The nonideal adaptive modem has a slightly lower video quality performance, than the ideal adaptive modem, especially at medium SNRs, since it sometimes selects the incorrect modulation mode due to the estimation delay. This can inflict video packet loss and/or a reduction of the effective video bitrate, which in turn reduces the video quality.
The difference between the ideal burst-by-adaptive modem, using ideal channel estimation and the nonideal, realistic burst-by-burst adaptive modem, employing a nonideal delayed channel estimation can be seen more clearly in Fig. 9 for a range of video sequences. Observe that at high and low channel SNRs, the video quality performance is similar for the ideal and nonideal adaptive modems. This is because the channel estimation delay has little effect, since at low or high channel SNRs, the adaptive modem is in either BPSK or 64QAM mode for the majority of the time. More explicitly, the channel quality of a transmission frame is typically the same as that of the next, and hence the delay has little effect at low and high SNRs.
IV. SWITCHING THRESHOLDS
The burst-by-burst adaptive modem changes its modulation modes based on the fluctuating channel conditions expressed in terms of the SNR at the equalizer's output. The set of switching thresholds used in all the previous graphs is the "Standard" set shown in Table IV , which was determined on the basis of the required channel SINR for maintaining the specific target video FER.
In order to investigate the effect of different sets of switching thresholds, we defined two new sets of thresholds: a more conservative set and a more aggressive set, employing less robust, but more bandwidth-efficient modem modes at lower SNRs. The more conservative switching thresholds reduced the transmission FER at the expense of a lower effective video bitrate. The more aggressive set of thresholds increased the effective video bitrate at the expense of a higher transmission FER.
The transmission FER performance of the realistic burst-byburst adaptive modem, which has a one TDMA frame delay between channel quality estimation and mode switching is shown in Fig. 10 for the three sets of switching thresholds of Table IV . It can be seen that the more conservative switching thresholds reduce the transmission FER from about 3% to about 1% for medium channel SNRs. The more aggressive switching thresholds increase the transmission FER from about 3% to 4-5%. Fig. 8 . Decoded video quality (PSNR) versus channel SNR comparison of the four fixed modulation modes (BPSK, 4QAM, 16QAM, 64QAM) with 5% transmission FER switching and that of the adaptive burst-by-burst modem (AQAM). AQAM is shown with a realistic one TDMA frame delay between channel estimation and mode switching, and a zero delay version for indicating the upper bound. The channel parameters were defined in Table I . Fig. 9 . Decoded video quality (PSNR) versus channel SNR for the adaptive burst-by-burst modem (AQAM). AQAM is shown with a realistic one TDMA frame delay between channel estimation and mode switching, and a zero delay version indicating the upper bound. Results are shown for three video sequences using the channel parameters that were defined in Table I. However, since FERs below 5% are not objectionable in video quality terms, this FER increase is an acceptable compromise for a higher effective video bitrate. The effective video bitrate for the realistic adaptive modem with the three sets of switching thresholds is shown in Fig. 11 . The more conservative set of switching thresholds reduces the effective video bitrate but also reduces the transmission FER. The aggressive switching thresholds, increase the effective video bitrate, but also increase the transmission FER. Therefore the optimal switching thresholds should be set such that the transmission FER is deemed acceptable in the range of channel SNRs considered.
We note that the switching thresholds can be adjusted for example using Powell's optimization for uncoded transmissions [17] , in order to achieve the required target BER and target bit rate upon defining an appropriately weighted joint cost function. Table IV. AQAM is shown with a realistic one TDMA frame delay between channel estimation and mode switching. The channel parameters were defined in Table I . Fig. 11 . Video bitrate versus channel SNR comparison for the adaptive burst-by-burst modem (AQAM) with a realistic one TDMA frame delay between channel estimation and mode switching for the three sets of switching thresholds as described in Table IV . The channel parameters were defined in Table I. However, the coded AQAM system's BER/FER is not analytically tractable, and hence, no closed-loop optimization was invoked-the thresholds were adjusted experimentally. We note furthermore that instead of the equalizer's pseudo-SNR we also investigated using the channel codec's BER estimates for controlling the switching process, which resulted in a similar system performance. Let us now consider the performance improvements achievable when employing powerful turbo codecs.
V. TURBO-CODED VIDEO PERFORMANCE
In this section, we demonstrate the additional performance gains that are achievable, when turbo coding is used in preference to BCH coding. The generic system parameters of the turbo-coded reconfigurable multi-mode video transceiver are the same as those used in the BCH-coded version summarized Fig. 12 . Effective throughput video bitrate versus channel SNR comparison of the adaptive burst-by-burst modems (AQAM) using either BCH or turbo coding. The AQAM modems have a one TDMA frame delay between channel estimation and mode switching. The channel parameters were defined in Table I. in Table II . Turbo-coding schemes are known to perform best in conjunction with square-shaped turbo interleaver arrays and their performance is improved upon extending the associated interleaving depth, since then the two constituent encoders are fed with more independent data. This ensures that the turbo decoder can rely on two quasiindependent data streams in its efforts to make as reliable decisions, as possible. A turbo interleaver size of was chosen, requiring 324 bits for filling the interleaver. The required so-called recursive systematic convolutional component codes had a coding rate of 1/2 and a constraint length of . After channel coding the transmission burst length became 648 bits, which allowed the decoding of all AQAM transmission bursts independently. The operational-mode specific transceiver parameter are shown in Table V , and should be compared to the corresponding BCHcoded parameters of Table III. The turbo-coded parameters result in a 10% lower effective throughput bitrate compared to BCH-coding under error-free conditions. However, we will show that under error-impaired conditions the turbo coding performance becomes better, resulting in a reduced video packet loss ratio. This reduced video packet loss ratio results in an increased effective throughput for a wide range of channel SNRs. Fig. 12 shows the effective throughput video bitrate versus channel SNR for the proposed AQAM modem using either BCH or turbo coding when the Table IV , and either BCH or turbo coding. The channel parameters were defined in Table I and again, there was a one TDMA frame delay between channel estimation and mode switching. Table I. delay between the channel quality estimate and mode switching of the AQAM modem was one TDMA frame duration.
At high channel SNRs and virtually error-free conditions the BCH-coded modem slightly outperforms the turbo-coded modem in throughput bitrate terms, which were 446 and 409 kbits/ps respectively. However as the channel quality degrades, the lower packet loss ratio performance of the turbo-coded AQAM modem results in a higher effective throughput bitrate below channel SNRs of about 28 dB. The associated FER or video packet loss ratio (PLR) performance versus channel SNR is shown in Fig. 13 .
The BCH-coded and turbo-coded AQAM modems exhibit similarly shaped FER performance curves, both of which obey a similar FER performance curve to that of the corresponding 64QAM modem mode at high SNRs, whilst at low SNRs the FER curve follows that of the BPSK modem mode. For medium channel SNRs, the FER performance curve becomes near-constant, since the modem modes are adaptively adjusted, in order to maintain the required target FER. Observe, however, that the turbo-coded AQAM modem requires approximately a 3-dB lower channel SNR for achieving the required FER target. Hence, if the minimum acceptable video packet loss ratio is shown by the 5% limit drawn in the figure, the turbo-coded modem can maintain the required PLR for channel SNRs in excess of 8 dB, while the BCH-coded modem requires channel SNRs in excess of 11 dB.
Having shown that the turbo-coded AQAM modem outperforms the BCH coded modem in terms of video packet loss performance, which results in a higher effective throughput video bitrate for all except very high channel SNRs, we demonstrate the associated effects on the video quality expressed in terms of the PSNR. Fig. 14 shows the PSNR video quality versus channel SNR for the AQAM modems using either BCH or turbo coding. The higher throughput of the BCH coded modem at high channel SNRs results in a slight advantage over the turbo coded modem in terms of PSNR. However, the reduced video packet loss ratio of the turbo coded modem below channel SNRs of 30 dB resulted in a higher effective throughput, increasing the video quality of the turbo coded modem. In conclusion, we have shown that the more complex turbo coded AQAM modem out performed the BCH-coded modem, since it reduced the video packet loss ratio and hence increased both the effective throughput and the video quality for all but high channel SNRs.
VI. CONCLUSION
In contrast to previous statically reconfigured narrow-band multimode video transceivers [3] [4] [5] [6] in this contribution we have proposed a wideband burst-by-burst adaptive video transceiver, which employs the channel SNR perceived by the channel equalizer as the quality measure for controlling the modem modes. Whilst in reference [22] the throughput upper-bound of such an AQAM modem was analyzed, in this contribution a practical video transceiver was introduced and the achievable video performance gains due to employing the proposed wideband burst-by-burst adaptive modem was quantified. When our adaptive packetizer is used in conjunction with the adaptive modem, it continually adjusts the video codec's target bitrate to match the instantaneous bitrate capacity provided by the adaptive modem.
We have also shown that a practical burst-by-burst adaptive modem exhibits a better performance than a statically configured multi-mode scheme. The delay between the channel estimation and modulation mode switching was shown to have a considerable effect on the performance achieved by the adaptive modem. This performance penalty can be mitigated by reducing the modem mode switching latency. However, at lower vehicular speeds the switching latency is less crucial, and the practical one-frame delay adaptive modem can achieve a performance that is closer to that of the ideal zero-delay adaptive modem which we used as an upper bound. We have also demonstrated how the transmission FER performance is affected by changing the switching thresholds. Therefore, the system can be tuned to the required FER performance using appropriate switching thresholds. Lastly, we have shown that-as expected-the more complex turbo channel codecs were more robust against channel effects than the lower-complexity binary BCH codecs.
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